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Arrangement for converting an electric signal Into an acoustic signal or vice versa and a non-linear network for use in the 
arrangement. 

(57) An arrangement for converting an electric signal into an 
acoustic signal (y/t) or wee versa, comprises an electroacous- 
tic transducer (2) and means (3) for reducing distortion in the 
output signal of the arrangement which distortion is caused 
by the electroacoustic or acoustoelectric conversion per- 
formed by the transducer. 

The means comprise a non-linear network (3\ 3* or 3* in 
Figures 3; 43', 43* or 43'" in Figure 4). The non-linear network 
is arranged for reducing non-linear distortion by compensat- 
ing for at least a second or higher order distortion compo- 
nent in the output signal of the arrangement. The network 
may comprise at least two parallel circuit branches (15a, 15b 
in Figure 3; 47a, 47b in Figure 4). At least one of the circuit 
branches (15b in Figure 3; 47b in Figure 4) compensates for 
non-linear distortion of the second or higher order. 
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"Arrangement for converting an electric signal into an acoustic signal 
or vice versa and a non-linear network for use in the arrangement. - 
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The invention relates to an arrangement for converting an 
electric signal into an acoustic signal or vice versa , comprising an 
electroacoustic transducer and means for reducing distortion in the 
output signal of the arrangement, the distortion being caused by the 
electroacoustic or acoustoelectric conversion, respectively, performed 
by the transducer. 

The invention also relates to a non-linear network for use 
in an arrangement according to the invention. 

An arrangement of the type specified in the opening paragraph 
is disclosed in United Kingdom Patent Specification 1,031,145 
(PH 18.481), which describes an arrangement for converting an electric 
signal into an acoustic signal. The patent specification describes an 
arrangement in which, by using negative feedback, the distortion 
produced by a loudspeaker can be reduced. For that purpose a signal 
is obtained which is representative of the linear behaviour and the 
non-linear behaviour of the loudspeaker. Thus a signal can be obtained 
from a pick-up provided on a moving portion, for example the diaphragm, 
of the loudspeaker. If this signal is fed back adequately to the input 
of the loudspeaker, then a reduction in the non-linear distortion 
is inter alia obtained. Using negative feedback has the advantage 
that it is not necessary to know the exact nature of the non-linearity 
and that the system also remains operative when the non-linearity 
changes. However using negative feedback also has drawbacks: 
c.. the system may become unstable. 

b. In the event of excessive negative feedback microphonics become 

troublesome. This limits the level of the feedback, 
c If an element of the feedback circuit clips, for example the 

amplifier, the loudspeaker or the active filters, then the 

consequences in a circuit having a high feedback level are serious. 

Additional provisions must then be made, such as for example the 

use of limiters to prevent clipping from occurring. 

The invention has for its object to provide an arrangement 
which can be inherently stable and capable of significantly reducing 
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the non-linear distortion produced by the transducer (in the form of 
a loudspeaker or a irdcrophone) and, if so desired, also the linear 
distortion produced by the transducer. According to the invention, 
the arrangement is therefore characterized in that the means comprise 
a non-linear network coupled to the transducer, which network is 
arranged for reducing non-linear distortion by compensating for at 
least one second or higher-order distortion ccnponent in the output 
signal of the arrangement. The invention is based on the recognition 
that there is an alternative way to condensate for the non-linear 
distortion produced by the transducer, namely by the use of a non- 
linear network. The behaviour of the transducer, non-linearities 
included, can be described by means of a functional series expansion, 
a so-called Vol terra array (Schetzen) . Let it be assumed that the 
transducer behaves as a time-invariant system and that the non-linea- 
rities are comparatively small, so that the array converges. It is 
indeed true that the dominant non-linearities occurring in a transducer 
in the form of an electro-dynamic transducer, such as the finite 
magnetic field in the air gap, the position-dependent inductance of 
the voice coil and the non-linearity of the suspension are substantially 
time-invariant and comparatively small. The Volterra array of a 
general non-linear system has the following form: 



Herein x(t) is the input signal of the system, h^ (t) the pulse response 
of the linear portion of the system, that is to say the response of 
the system to a pulse-shaped input signal, h 2 (t^ r t 2 ) is the second- 
order response of the system to an input signal made up from two 
pulses which are time-shifted relative to each other, and h^tj, t 2 , t 3 ) 
is the third-order response of the sytem to an input signal made 
up from three pulses which are time-shifted relative to each other. 
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A frequency-domain description is alternatively possible and 
is defined as follows: 

Y(p) =H 1 (p).X(p) +a[ H 2 ( Pl , P 2 ).X( Pl ).X(p 2 ) [ + 

+ A 2 jH 3 (p r p 2 , P 3 )-X( Pl ).X(p 2 ).X(p 3 )| + ... (2) 

wherein H. is the nulti-dimensional Laplace transform of h. from 

2 1 
formala (1) , A and A are the what are carmonly called contraction 

10 operators (Schetzen and Butterweck) and is the linear transfer 

function. The last description is very convenient when considering 

the principle of distortion reduction with the aid of a non-linear 

network. 

In the Laplace transform a signal is transferred from the 
15 time domain, which has the variable t (being the time) as a running 
variable , to the p-domain, having the variable £ as a running variable. 
The variable £ is a complex quantity equal to ok + j U) , wherein a 
is a constant andCx) is the angular frequency (U) = 2?T f) . For a = 0 
the Laplace transform becomes the (better known) Fourier transform. 
20 In addition it should be noted that H 1 (p) , H 2 (p , p 2 ) , ... etc. are 
complex functions of the frequency. 

In a practical situation it is impossible to implement all 
the Vol terra terms in one circuit. Therefore, the Volterra array is 
truncated at a predetermined term, for example the third order term. 
25 This results in that only the distortion products up to and including 
the third order are included. To demonstrate all this and to keep 
th«2 formula small, there now follows an example of a quadratic system; 
the terms of a higher order are not included. 

30 Y(P) =H 1 (p).X(p) +a£h 2 (P 1# P 2 ).X( Pl ).X(p 2 ) J (3) 

The inverse function is again a Volterra array which is truncated 
aftox the second term. If it is assumed that 

35 X(p) =G 1 (p).Y(p) +a£g 2 (p v p 2 ). Y( ?1 ). *(P 2 )J (4) 

and thereafter formula (4) is introduced into formula (3), then if 
it is < requirement for the terms up to and inclusive of the second 
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order to achieve condensation , it is found that: 

(p) = 1/H 1 (p) (5) 

G 2 (p r p 2 ) = -H 2 (p 1 r p 2 ) 7 £ H 1 (p 1 +p 2 } (P-,)^-, (P 2 >]j 



(6) 



In the derivation use is made of the fact that a function, for exanple 
H 1 (p) , can be placed behind the contraction operator A as follows: 

10 H 1 (p) A £ j = A ( ?1 + p 2 ) | 

From the foregoing it follows that the first term (p) is required 
to be exactly the inverse of the transfer function term (p) describing 
the linear partial of the transfer of the transducer. In addition, it 
15 will be obvious that both first order distortion - being the linear 
distortion due to the fact that in general (p) is not constant as 
a function of the frequency - and the second order distortion which 
produces a plurality of non-linear distortion components, can be 
suppressed by arranging a non-linear network in series with the 
transducer. When the transducer is a loudspeaker, then the non-linear 
network will be arranged between an input terminal of the arrangement 
and an input of the loudspeaker, and when the transducer is a micro- 
phone then the non-linear network will be arranged between an output 
of the microphone and an output terminal of the arrangement. Here it 
should already be noted that only in the event that both the non- 
linear and the linear distortions are suppressed are the formulae 
for G^p), G 2 (p ir p 2 ) and G 3 (P-|# p 2 , p 3 ) the same when applied to 
the suppression of distortion in both loudspeakers and microphones . The 
fornulae applicable when suppressing only non-linear distortion, such 
as will be derived hereinafter, are not the same when used for 
loudspeakers - namely KL 2 , KL^, see fornulae (12a) and (13a) - as 
those used for microphones - namely Kn^ and Km^, see formulae (12c) 
and (13c) . 

An arrangerrasnt according to the invention may be additionally 
characterized in that the network is also arranged for reducing linear 
distortion by compensating for first order distortion, that to that 
end the network comprises at least two circuit branches in parallel, 
one circuit branch compensating for the first order distortion and 
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having a transfer function fl, (p) at least approximately corresponding 
to the inverse of the linear transfer function a, (p) of the transducer, 
nultxplled by a constant*, or c, (p) =^ /H (p) the other circuit 
branch conpensated for the higher order distortion. So in this case 
5 toth first distortion (being the above-n^tioned linear 

distortion due to the fact that the linear transfer function a, (p) of 
the transducer is not flat, which means that G (p) = VH (p) lee 
fornula (5) , if c* is chosen equal to 1 ) and a higher order distortion 
are compensated for. 

0 Such an arrangement may further be characterized in that 

the higher order distortion is the second order distortion and that 
the transfer function G,^, p 2 ) of the other circuit branch is defined 
at least approximately by the equation: 

0 2 (P V p 2 ) = -*H 2 ( Pl , p 2 , / [h i(Pi + p 2 , . „ i(pi) . Hi(p2) J f 

wherein H^, p 2 ) is the Laplace transform of h 2 ( tl + t.) , being 
the second order response of the transducer to an input signal applied 
to the transducer, which signal is made up from two pulses which are 
> time-shifted relative to each other. In that case the second order 
distortion in the non-linear distortion is compensated for. it will 
be obvious that G^, p 2 ) is defined by the formula (6) if o< is 
chosen equal to 1 . The arrangement may alternatively be further 
characterized in that the higher order distortion is the third order 
distortion and that the transfer function G 3 (p v p 2 , p , of ^ 
other circuit branch is at least approximately defined, by the equation: 

G 3 (p r p 2 , p 3 ) = -cKh 3 ( Pi , p 2 , p 3 ) /[V^J.H^.H^). 

H 1<P1 + P 2 +I> 3>] . (7 ) 

wherein H 3 ( Pl , p 2 , p 3 ) is the Laplace transform of h (t , t , t ) 
being the third order response of the transducer to an input 'signal ' 
applied to the transducer, which signal is made up from three pulses 
which are time-shifted relative to each other. Now the third order 
distortion in the non-linear distortion is compensated for. The 
formula for ^fty p 2 , p^ ^t have been derived by in the preceding 
example, also including the third order terms in fornula (4) and 
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inserting this (extended) formula (4) into fornula (2) . By requiring 
in the equation then obtained, that also the third order terms are 
ccnpensated for, the above fornula for G 3 (p ir p 2 , p 3 ) is obtained. It 
is evident that the system may be extended by including fourth and 

5 higher order terms. 

An arrangement for converting an electric signal into an 
acoustic signal for which G 2 (p 1 , p 2 ) is defined by fornula (6), may 
further be characterized in that the other circuit comprises an inte- 
grating element an output of which is coupled to an input of a first 

10 circuit having a transfer characteristic which is at least approximately 
equal to unity divided by the transfer function of the input current 
of the transducer to the excursion of the transducer diaphragm, and 
also coupled to an input of a first squaring circuit and to a first 
input of a multiplier, that the output of the first circuit is coupled 

15 to an input of a second squaring circuit and to a second input of the 
multiplier, and that the outputs of the first and second squaring 
circuits and of the multiplier are coupled via associated first, 
second and third amplifier stages to respective first, second and 
third inputs of a signal conbining unit. In this way the second order 

20 distortion component produced by a current-controlled loudspeaker 
can be compensated for. 

An arrangement additionally characterized as set forth has 
the disadvantage that to compensate for the linear distortion the 
irrplenentation of the inverse function - namely (p) = 1/h 1 (p) - 

25 is physically not always possible, although it will usually be 

successful in a limited frequency range. If, however, one wants to 
implement the inverse function G 1 (p) for a frequency range frcxn 0 Hz 
to, for exanple, 20 kHz then this will meet with no success since the 
transfer function H 1 (p) has zero points at 0 Hz and at very high 

30 frequencies (or become very small there) . As a result of this it is 
only possible to realize an approximation for the transfer function 
1/H 1 (p) . And since the function 1/H 1 also occurs in the higher order 
transfer functions G 2 (p lf p 2 ) and ^(p-j, P 2 , P 3 ) , it is also for 
these transfer functions only possible to realize an approximation 

35 so that the distortion-suppressing action of such an arrangement 
is not really optimal. 

An arrangement according to the invention may, as an 
alternative, be additionally characterized in that the network is 
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arranged for reducing only the non-linear distortion by compensating 
for at least second or higher order distortion produced by the 
transducer. An improved suppression of the non-linear distortion can 
be realized by constructing the network to be such that only one or 

5 more orders in the non-linear distortion are compensated for and not 
the linear distortion. The following derivation is effected on the 
basis of an arrangement for converting an electric signal into an 
acoustic signal. A similar derivation for an arrangement comprising 
a microphone furnishes different results as will become apparent 

10 hereinafter. 

If it is assumed that x(t) and z(t) are the signals at the 
input and the output respectively of the network and y(t) is the 
acoustic output signal of the transducer, then it can be written 
analogously to equation (4) that: 

Y(P) =H 1(P ).Z( P ) +a£h 2 ( Pi , p 2 ) . Z( Pl ).Z(p 2 ) I 
The desired transfer is equal to 



15 



(8) 



(9) 



20 Y(P) = H 1 (p).X(p) 

Let it now be assumed, analogous to formula (4) , that 

Z(P) - K 1 (p) . X (p) + A f K^fe, , p 2 ) X(P1 ) X(p 2 ) } (10) 
25 J 

By introducing formula (10) into formula (8) it is found, similar 
to the calculation using the formulae (3) and (4), that 

K 1 (P)=1 (11) 

30 

KL 2 (p v p 2 ) = -H 2 (p 1f p 2 ) / Hl ( Pl + p 2 ) (12a) 

By also including the third order term in the systems description 
it is furthermore possible to derive that 

35 

KL 3 (p 1f p 2 , p 3 ) = -H 3 ( Pr p 2 , / Hi ^ + ?2 + ^ (i3a) 
The formulae (12a) and(13a) show that H., (p) is present in the numerator, 
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so thsct also here the zero points in H 1 (p) are a limiting factor, 
bat ar~ inprovement has nevertheless occurred conpared to the formulae 
(6) and (7) as there H 1 (p) occurs up to the third and fourth powers 
respectively . So the formulae (6) and (7) are more difficult to realize 
5 for larger frequency ranges. 

Publications often describe efforts to compensate for the 
non-linearity by means of an instantaneous non-linearity, for, example 
fcy having a quadratic system preceded by a root-extracting network. With 
such an instantaneous non-linearity the Vol terra array changes into 
10 a power series. Generally, and definitely with an electroacoustical 

transducer , these techniques are not successful since the non-linearity 
acts szs a non zero memory system. This means that the non-linearity 
is frejguency-dependent or dispersive (Schetzen, Butterweck) . 

An arrangement additionally characterized according to the 
15 said alternative may be further characterized in that the network 

ccnprises at least two circuit branches in parallel one circuit branch 
having a transfer function (p) which is equal to a constant / 
the second circuit tranch compensating for the second or higher 
order distortion. In this case there is no compensation for the 
20 linear distortion (that is to say the transfer function H 1 (p) ) of the 
transducer, see also formula (9). 

With an arrangement further characterized according to the 
said alternative account should be taken of the fact, as already 
mentioned in the foregoing, that when the transducer is a loudspeaker, 
other -transfer functions are obtained for the second and higher order 
distortions in the second circuit branch then when the transducer 
is a ircxcrophcrie . 

When the arrangement is for converting an electric signal 
into an acoustic signal it may therefore be further characterized 
in that the second circuit branch compensates for the second or- 
der distortion and that the transfer function KL^ (p 1 , p 2 ) of the 
second circuit branch is, , at least approximately, defined by the 
equation 

35 K^tty P 2 ) = -<KH 2 (p v P 2 ) / H 1 (p 1 + p 2 ), (12b) 

wherein H 1 (p) is the linear transfer function of the tranducer and 
H 2 ( ?1 , p 2 ) is the Laplace transform of H 2 (t^ , t 2 ) , being the second 
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order response of the transducer to an input signal allied to the 
^ansducer, ^hich signal is n^e up fro* t» pulses which are ^-shif- 
ted ^relative to each other, m that case the seco, order distort 
» the non-linear distortion in the accstic output signal of J 
' loudspeaker is compensated for. it will he obvious that KL,(p 1f p , is 
defied by the fornula (12a) , the factor <* excepted. 21 2 

When the arrangement is for converting an electric signal 
into an acoustic signal it ^y alternatively be characterized iTthat 
the second circuit branch compensates for the third order distortion 
3 and that the transfer function KL,(p,, p p , of a(B _ 

. . , 3 ip 1' p 2' p 3> of the second circuit 

branch us, at least approximately, defied b? the equation 

KL 3(Pl , p 2 , p 3 , = .^h^^, ^ / Hi<pi + ^ + ^ ^ 

1 , * erelnH 3<Pl'P2'P3) is Laplace transform of h,(t t t» 
being the third order resp^se of the transducer toVinpuc sign*! 
applied to the tra^cer, *ich signal Is ^e up f, OT ^ 
^"^"^-^ive to each other. In that case the third 
order in the non-linear distortion 1, the acoustic signal 

from the loudspeaker Is compensated for. . The formla for kl, (p p p , 
corresponds forO< = , to formlla (13a) _ 3*1- P 2 ' P 3 > 

( „, ,. J" arran5ement according to the Invention characterized 
in that KL 2 ( Pl , p 2 , is ,te finea ^ fonmla (12b)> 

Characterised to that the second circuit branch comprises a first 

™ ° f *• from an input voltage 

to the excursion of the transducer diaphragm, an output of „hich 
crrcurt xs coupled to an input of a first squaring circuit and also 
Via a first differentiating network to an input of a second squaring 
ciraiit. that an output of the se^d squaring circuit is ccXd to 
a first input of a signal coining unit via a first amplifier stage 
and to a second input of a signal combining unit via a second 
differentiating network ^ a second amplifier stage, that an output 
of the first squaring circuit is coupled to a third input of the 
signal combining unit via a third anplifier stage and also to an 
input of a third differentiating network the output of *ich is 
coupled to a fourth input of the signal coining unit via a fourth 
a^lifier stage and also to an input of a tart* differ^ti^ network. 
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that an output of the fourxh differentiating network is coupled to a 
fifth input of the signal combining unit via a fifth amplifier stage 
and also to a sixth input of the signal combining unit via a fifth 
differentiating element and a sixth amplifier stage. In this way 
5 the second order distortion produced by an electrodynamic loudspeaker 
can be compensated for, in the event that this loudspeaker is driven 
. with a constant voltage. 

A similar circuit may alternatively be derived for the case 
in which the loudspeaker is driven with a constant current. This has 
10 the advantage that the voice coil inductance contributes only to a 
small extent to the distortion. 

Such an arrangement may therefor be characterized, in that 
the second circuit branch comprises a first circuit having a transfer 
function which is at least approximately equal to the transfer function 
15 of the transducer input current to the excursion of the transducer 
diaphragm, an input of which circuit is coupled to an input of a 
first squaring circuit and to a first input of a multiplier and an 
output of which circuit is coupled to an input of a second squaring 
circuit and to a second input of the multiplier, that the outputs of 
20 the first and second squaring circuits and of the multiplier are 
coupled via associated first, second and third amplifier stages to 
respective first, second and third inputs of a signal combining unit. 
Such an arrangement is much easier to implement, inter alia because 
of the fact that the arrangement does not comprise differentiating 
25 networks . 

When the arrangement is for converting an acoustic signal 
into an electric signal it may be further characterized in that the 
second circuit branch compensates for the second order distortion 
and that the transfer function Km^p.,, P 2 ) of the second circuit branch 
30 is, at least approximately, defined by the equation 

Km 2 (p 1 , p 2 ) = -<* H 2 ( Pl , p 2 > / H 1 (p 2 ) .H 1 (p 2 ) , (12c) 

wherein H 1 (p) is the linear transfer function of the transducer and 
35 H 2 (p 1f p 2 ) is the Laplace trans-form of h^t,, t 2 ) , being the second 
order response of the transducer to an input signal applied to the 
transducer, which signal is made up from two pulses which are time- 
shifted relative to each other. Thus the second order distortion 
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produced by acoustoelectric conversion in a microphone can be compensated 
for. This arrangement may alternatively be characterized in that the 
second circuit branch compensates for the third order distortion and 
that the transfer function Km^, p 2 , p^ C f the second circuit 
branch is, at least approximately, defined by the equation 

**3<Py *2. P 3 ) - -^H 3 ( Pl , p 2 , p 3 , / Hl ( Pl ). Hl (p 2 ) . Hl (p 3 ) (13 c) 

wherein (p) is the linear transfer function of the transducer and 
H 3 (P r p 2 , p 3 ) the Laplace transform of h 3 (t y t 2 , t ), being the 
third order response of the transducer to an input signal which is 
made up from pulses which are time-shifted relative to each other, in 
this way the third order distortion produced by acousto-electric 
conversion in a microphone can be compensated for. 

The above-mentioned formula (11) - which in itself also 
holds only for the suppression of non-linear distortion in loudspeakers 
- and also the formulae (12c) and (13c) can be obtained using a 
similar method of calculation as that used for the suppression of only 
non-linear distortion with loudspeakers - formulae (8) to (10) - the 
difference being that the formulae (8) and (10) change into 

Z(p) =H l(P ).X(p) + A [h 2 ( Pi , p 2 ).X( Pl ).X(p 2 ) J 

Y(p) =K 1 (p).2(p) + a£k 2 ( Pi , p 2 ). Z ( Pl ). 2{ p 2) | 



30 



because of the fact that here the non-linear network is arranged in 
ttv. output from the microphone and not in the input thereto as is 
the case with the loudspeakers. 

So when the arrangement comprises a non-linear network 
which only compensates for non-linear distortion, these two usages 
(mmely with microphones and loudspeakers) yield different results. 
This in contrast to the arrangement comprising a non-linear network 
wtich suppresses both the linear distortion and the non-linear 
cistortion, for which the results are equal, both when used with 
35 ' aerophones and with loudspeakers. 

Also for those arrangements in which only one or more 
orders of distortion in the non-linear distortion produced by the 
transducer is compensated for in the non-linear network there is a 
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possibility of compensating, in addition, for the linear distortion 
produced by the transducer, more specifically because of the fact 
that an additional network may be arranged in cascade with the 
transducer, which additional network has a transfer function T(p) at 
5 least approximately equal to the inverse of the linear transfer 
function H 1 (p) of the transducer, or T(p) = (p) , f> being a 

constant preferably equal to 1 . The value for C>{ is preferably 
chosen equal to 1. 

A non-linear network according to the invention is charac- 
10 terized in that the network is arranged for reducing non-linear 
distortion by compensating for at least a second or higher order 
distortion in the output signal of the arrangement and caused by the 
electroacoustic conversion and the acoustoelectric conversion, 
respectively of the transducer. 
15 The invention will now be described in greater detail by 

way of example with reference to the accompanying drawings, in which 

Fig. 1 shows in Figs. 1a and 1b schematical representations 
of two embodiments of the invention f 

Fig. 2 shows a systems description of an electroacoustic 
20 transducer , 

Fig. 3 illustrates by means of Figs. 3a, 3b and 3c three 
possible constructions for a non-linear network according to the 
invention intended for additionally compensating for the linear 
distortion produced by the transducer, 
25 Fig. 4 illustrates by means of Figs. 4a, 4b and 4c three 

possible further constructions for the non-linear network, intended 
to compensate only for non-linear distortion, 

Fig. 5 shows a different arrangement according to the invention. 

Fig. 6 is an equivalent circuit diagram of the mobility 
30 type of an electrodynamic transducer, and 

Fig. 7 shows a construction for the non-linear network 
for compensating only for second order distortion produced by a 
voltage-controlled loudspeaker. 

Fig. 8 shows a different construction for the non-linear 
35 network of Figure 4a for compensating for second order distortion " 
produced by a current-controlled loudspeaker, 

Fig. 9 shows a different construction for the non-linear 
network of Figure 4b for ccnpensating for only the third order distortion 
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proc3uced by this loudspeaker, and 

Fig. 10 shows a construction for compensating for the first 
order (i.e. linear) distortions, the second order and the third 
(non-linear) distortion produced by a current-controlled loudspeaker 

5 Fig. 1a of Pig. 1 shows schematically an embodiment of the 

xnventxcn, having an input terminal 1 for receiving an electric signal 
x(t) , an electroaooustic transducer 2 in the form of a loudspeaker 
and a non-linear network 3 having an input 4 coupled to the input 
terminal 1 and an output 5 coupled to the input 6 of the transducer. 

10 TZ T ne ^ rk 3 ^ f ° r r **^ "-^ar distortion 

or T T S IT ^ Y(t) ^ ^ el -troacoustic conversion 

of tie transducer 2. The non-linear network 3 compensates for at 
leastoie second or higher order distortion component in the acoustic 

15 Fig. 1b shows schematically an embodij^nt of the invention 
comprising an electroaooustic transducer 2 in the form of a microphone, 
a non-lonear network 3 having an input 4 coupled to the output 7 of 
the transducer 2 and an output 5 coupled to an output terminal 11 of 
the arrangement for producing an electric output signal y(t). The non- 
20 lonear network 3 is arranged for reducing non-ltoear distortion in 
the output signal y(t) of the arrangement which distortion is caused 
by the acoustoelectric conversion by the transducer 2. T»e non-linear 
network 3 compensates for at least one second or higher order 
distortion in the output signal y(t) . 
25 First the behaviour of the transducer 2 will be described 
m greater detail with reference to Fig. 2. This description will be 
made with reference to a transducer in the form of a loudspeaker 
However, exactly the same holds for a transducer in the form of a 
-Lcrophone. The electric input of the transducer 2 is denoted in Fig 
30 2 by reference numeral 6 and the (acoustic) output of the transducer" 
by reference numeral 7. The acoustic output signal y (t ) of the 
transducer is available at this output. In a systems description of 
the transducer 2 the transducer is assumed to be replaced by a number 
of circuit arrangements 8a, 8b, 8c etc. in parallel, which have one 
35 end coupled to the input 6 and the other end to the output 7 via a 
sxgnal combining unit 9, for example an adder. Each of the circuit 
arrangements comprises a circuit, 10a, 10b, 10c etc., having the 
respective transfer functions H , (p) , H^, p 2 , , H(p ?2 , p , 
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(p) is the first order term in the transfer function of the transducer 
2, see fornula (2) , and describes the linear transfer of the transducer. 
This inplies that if a (sinusoidal) input signal having a given 
frequency £ is applied to the input of the circuit 10a a sinusoidal 

6 signal having the same frequency £ but possibly a different anplitude 
and phase appears at the output thereof. Generally the transfer function 
ILj(p) of the circuit is not constant for all frequencies £; note, for 
exanple, the 12 dB/octave low^frequency decay of loudspeakers from 
the resonant frequency of the loudspeaker to lower frequencies. 

10 Therefore in this case the terms first order distortion or linear 
distortion are used. 

H 2 (p 1# p 2 ) is the second order term in the transfer function 
of the transducer 2, see fornula (2) , and describes the non-linear 
second order distortion produced by the transducer. This inplies 

15 that if two sinusoidal signals having frequencies and p 2 , respec- 
tively, are applied to the input of the circuit 10b a signal conprising 
the following frequency components: 2p 1# 2p 2 , p 1 + p 2 , P 1 - P 2 
(if P) appears at the output thereof. Therefore, this is called 

second order distort ion, being the first component in the non-linear 

20 distortion. The result thereof is, for exanple, the second harmonic 
distortion components 2p 1 and 2p 2 respectively and the second order 
inteonodulation distortion canponents p 1 + p 2 and p 1 - p 2 respectively. 

H 3 (p 1 , p 2 , p 3 ) is the third order term in the transfer 
function of the transducer 2, see fornula (2) , and consequently des- 

25 cribes third order distortion. This inplies that if three sinusoidal 
signals having frequencies p 1 , p 2 , and p 3 are applied to the input 
of the circuit 10c a signal comprising the following frequency 
components: 

3p r 3p 2 , 3p 3 , 2p 1 + p 2 , 2p n + p 3 , 2p 2 + p r 2p 2 + p 3 , 2p 3 + p 1 , 

30 

2p 3 + P 2 , P-j + P 2 + P 3 f P 1 + P 2 * P 3 ' Pi " ?2 + P 3 a PP ears at **** 
output thereof (it being assumed that p 1 > p 2 > p 3 and P-,>P 2 + P 3 >_- 
So here we have third order harmonic distortion, namely the 

terms 3p 1 , 3p 2 , 3p 3 , and third order intermodulation distortion, namely 
35 the remaining terras. See also Bruel and Kjaer Application Note 15-098. 
The system description in Fig. 2 far the loudspeaker 2 may of course 
be optionally extended by more circuits for describing distortion 
of a still higher order. 
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So as to compensate for the distortion conponents of the 
transducer 2, the network 3 is arranged in cascade with the transducer 
Should this network 3 have a transfer function which is the inverse 
of the transfer function of the transducer 2 then the total transfer of 
the input signal x(t) to the output signal y(t) would be free from 
distortion. 

For the linear distortion owing to H 1 (p) , this is a 
technique known from the united Kingdom Patent Specification No 
1,031,145 which can be described as follows (the calculation will 
agazn be explained with reference to the loudspeaker shewn in Fig 
1a): 3 " 



Y(p) = H 1 (p).Z(p) 
15 Z(p) = G(p) .X(p) 



(15) 



wherein X(p), y (p) and 2(p) are the Laplace transforms of x(t) # y(t, 
and 2 (t) , 2(t ) being the output signal of the network 3, and G(p) 
being the transfer function of network 3. 
20 If G( P> is chosen equal to the inverse of H (p) or 

G(p) = 1/H 1(P ) then the formulae (14) and (15) result in Y(p) = X (p) 
This means that the input signal appears without distortion at the 
cutout. 

The arrangement according to the invention comprises a 
25 non-linear network 3 of which three examples are shown in Fig. 3 

which examples are suitable for use in both the arrangement shown in 
Fig. 1a and the arrangement shown in Fig. 1b. 

Fig. 3a shows a non-linear network 3' comprising two circuit 
tranches 15a, 15b in parallel, which branches are coupled to the 
30 input 4 and whose outputs are coupled to the output 5 of the network 
3' via a signal combining unit 16. One circuit branch 15a compensates 
:or the first order distortion produced by the transducer 2 and has a 
transfer function G, (p) which, as described above already, corresponds 
at least approximately, to the inverse of the linear transfer function' 
35 .^fp) of the transducer, or: (p) -©C/h^), (5) 
«r< being a constant, for example equal to 1. The second circuit branch 
15b compensates for the second order distortion produced by the 
transducer and has a transfer function G 2 <p v p ), which is defined 
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at least approximately by the equation: 

G 2 (p 1' ?2> = -^ H 2 ( Pl' P 2 } / [ H 1 ( Pl + P 2 >- H 1 (P 1 >- H 1 (P 2 )J («) 

The first and second order distortion conponents produced by 
the transducer 2 are compensated for with the aid of this network 3' . 

Fig. 3b shows a non-linear network 3" carprising two circuit 
branches in parallel, which branches are connected in the sane way 
as in Fig. 3a. One circuit branch 15a again ccnpensates for the first 
order (or linear) distortion of the transducer 2. The other circuit 
branch 15c corpensates for the third order distortion of the trans- 
ducer and has a transfer function G 3 (p r p 2 , p 3 ) , which is defined, 
at least approximately, by the equation 

G 3 (E V P 2' p 3 } = "°< H 3(Pv p 2' p 3> / ^ H 1 (P 1 )- H 1 (P 2 ) 

H T (p 1 + p 2 + P 3 >J (7) 

Fig. 3c shows a non-linear network 3"' conpensating for 
the first order and both the second and third order distortion 
conponents produced by the transducer 2. To that end the network 3" 1 
conprises three circuit branches 15a, 15b and 15c in parallel, which 
branches have the respective transfer functions G q (p) , G 2 (p 1 , p 2 ) , 
and G 3 (p 1 , p 2 , p 3 > , as described already in the foregoing by means 
of the formulae (5), (6) and (7). 

It will be obvious that the networks can all be extended 
by additional circuit branches for conpensating for higher order 
distortion. 

Fig. 4 shows three further exanples 43 f , 43" and 43"' of 
the non-linear network 3. These networks are arranged for reducing 
only the nan-linear distortion by corpensating for the second and/or 
higher order distortion conponents produced by the transducer 2. 

Fig. 4a shows a non-linear network 43 1 comprising two 
circuit branches 47a and 47b in parallel, which branches are coupled 
to the input 44 and whose outputs are coupled to the output 45 of 
the network 43' via a signal combining unit 46. One circuit branch 
47a has a transfer function K 1 (p) equal to a constant In all 
the examples of Fig. 4 o< has been chose equal to unity. The second 
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circuit branch 47b compensates for the second order component of the 
non-li*ear distortion produced by the transducer 2. To that end the 
circuit branch 47b has a transfer function , p , ^ chf ^ ^ 

arrangement is included in the arranges shown in Fig. 1a, is 
. different - more specifically KL^, ^ - frcm ^ it ^ 
in the arrangement shown in Fig. 1b - namely Km 2 ( Pl , p) . 

KL 2 (p r p 2 ) and Km 2 (p r p.,), respectively are defined, at 
least approximately, by the following equations: 

10 KL 2 CP! , P 2 ) =-H 2 ( Pl , p 2 ) / Hl ( Pl + p 2 ) 

^ 2 ( P1' p 2 ) - " H 2 (Pr p 2 > / ^(p^-h^p^ 

These formulae correspond to the formulae (12b) and (12c) 
15 C< again beingchosen equal to unity. So with the aid of network 43' 
only the second order distortion produced by the loudspeaker - the 
formula for KL^, p 2> - and the second order distortion produced 

by the microphone - the fozmilae fm- v» ,„ „ . ' 

romuxae for Km 2 (p r p 2 ) - are compensated for. 

Fxg. 4b shows a non-linear network 43" comprising circuit 
20 branches in parallel, which branches are arranged similarly to those 
of Fig. 4a. The circuit branch 47c has a transfer function K,( Pl , p , p , 
v^ch is different when it is included in the arranged shoJX ' 3 
Fig. la - more specifically kl^. ^ p 3 ) - than when it is included 
in the arrangement shown in Fig. 1b - namely Km 3 ( ?1 , p p > _ 
25 KL 3 ( Pl , p 2 , p 3 , an d ^ m defined, 3 at least 

approxijnately, by the equations: 

KL 3 ( Pl , p 2 , p 3 , = -H 3 (p r p 2 , p 3 , / Hi ^ + ?2 + 
30 Km 3 ( Pl , p 2# p 3 ) = -h 3 ( Pi , p 2 , p 3 ) / H 1 (p l ).H l (p 2 ,.H 1 (p 3 ) 

These formulae correspond to the formulae (13b) and (13c) , * again 
having been chosen equal to unity. So with the aid of network 43" 
only the third order distortion produced by the loudspeaker - the 
35 fornula KL^, p 2 , p 3 ) - and also that produced by the microphone - 
the formula Ktajfty p 2 , p 3> - ls compensated for. 

Fig. 4c shows a non-linear netorork 43" • which compensates 
for both the second and third order distortion produced by the transducer 
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2. To that end the network conprises three circuit branches 47a, 47b 
and 47c in parallel, which branches have the respective transfer 
functions K (p), KL 2 (p r p 2 ) and KL^p.,, p 2 , P 3 ) for the suppression of 
non-linear distortion produced by a loudspeaker, and the respective 

5 transfer functions K^p), Krn^p.,, P 2 ) and Kmjtp.,, P 2 , P 3 ) for 
suppressing the non-linear distortion produced by a microphone. 

Also here it holds that the networks can be extended by 
including additional circuit branches for compensating for higher 
order non-linear distortion. The arrangement of Fig. 1a comprising 

10 a non-linear network in the form of the network 43' of Fig. 4a is 
also shown in Fig. 5. 

If only the linear distortion and the second order non- 
linear distortion produced by the transducer is considered then the 
arrangement realizes from the input 44 of the network 43' to the 

15 output of the transducer 2 (the acoustic output signal of the 
converter) a total transfer function equal to H 1 (p) because the 
network 43' compensates for the non-linear distortion of the second 
order. So the linear distortion is still present. Now it is still 
possible to compensate for the linear distortion by arranging an 

20 additional network 48 having a transfer function at least approxima- 
tely equal to 1/H^p) in the signal path to the transducer 2. The 
total transfer function of the arrangement now becomes equal to 1 , that 
is to say the arrangement becomes free from first and second order 
distortion. 

25 it is of course possible to realize the same in the 

arrangement shown in Fig. 1b by arranging the additional network 48 
in the signal path from the microphone. 

Now it will be described how the transfer functions 
G^p), G 2 ( Pl , p 2 ), G 3 (p v p 2 , p 3 ), .... KL 2 (p r p 2 ), KL 3 (p v p-,, P 3 > , 

30 . . . Rt^ (p 1 , P 2 ) , Kn^ (p 1 , p 2 , p 3 ) , can be derived. 

A first possibility, which follows directly from the 
formulae (5), (6) , (7), (12a), (13a), (12c) and (13c), is to perform 
measurements on the transducer 2 and to derive in this way the 

transfer functions H., (p) , H 2 (p r p 2 )., ^(p.,, p 2 , P 3 ) , and to 

35 derive thereafter the relevant transfer functions from the above- 
mentioned formulae. 

A different possibility is to describe the most inportant 
non-linearities of a transducer in a model and to determine the 
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transfer function starting therefrom. This last mentioned method will 
be explained with reference to the following calculation, which is 
applied to a transducer in the form of an electrodynamic loudspeaker. 
The basis is the arrangement shown in Fig. 5 (without the additional 

5 network 48) , only the second order component being compensated for 
in the network 43'. For low frequencies the behaviour of an electro- 
dynamic loudspeaker can be represented by the electric equivalent 
circuit of the nobility type shown in Fig. 6 (see L.L. Beranek, 
"Acoustics", Fig. 3.43). The acoustic section is included in the 

10 mechanical parameters. The dominant non-linearities of a present-day 
electrodynamic loudspeaker are: 

a) A finite magnetic field as a result of which the power factor Bl 
becomes position-dependent: 

15 Bl =Bi 0 + Bl r u + Bl 2 .u 2 (16) 

wherein B represents the magnetic induction in the air gap of the 
magnetic circuit and 1 represents the effective length of the voice- 
coil winding in the air gap, y being the excursion of the voice coil. 
20 b) a position-dependent inductance L e of the voice coil: 

L e = L eo + L er u + L e2' u2 (17) 
c) a non-linear mechanical spring formed by the suspension: 

25 

k=k 0 + k r u + k 2 .u 2 (18) 

The coefficients B1 Q , Bl, etc. can be determined empirically. Starting 
from these relations and the fundamental relations of the linear model: 

30 

F = Bl.i 

U = B1 ' V (20) 
~ E g + i-R e + (d/dt) (L e .i) + U = 0 ( 21) 
F = m.a + R m .v + k.u ~ (22) 



35 v = du/dt, a = dv/dt 

and disregarding the reluctance force F = -%i 2 ^e^ 



(23) 



du 
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we find that: 

E g » 0<.u+ ft .il + y . u+ 8 + 

2 2 
5 + C r E g .u + C 2 u + C 3 \ia + C 4 xiu + C 5 u\a* + C g ti + C-ilu + 

+ D r E g .u 2 + D 2 u 3 + D 3 u 2 u + D 4 u 2 u + D^ 2 ^ + D g uu 2 + D 7 u&u, (24) 

Each dot can the parameter u indicates a differentiation with respect 
10 to time. 

The constants cx, # f& , . . . , C 2 , . . . . , , D^, ... can be 
expressed in terms of the loudspeaker parameters. 



15 



°* - k o R e/Bl 0 



(m.R e + Leo .R m ) / Bl c 



20 



25 



P - { R e- R m + k o L eo + < B V 2 J / Bl o 

£ - m. Leo / B1 Q 
C 1 = -2 B1 1 /B1 0 

C 2= ^e^o + Bl r k o R e> / (B1 o )2 

C, = (B1..R .R + 2L, .k .Bl + 2.k,. .Bl + 3.B1 

3 1 e m eloo 1eoo 

C, = {Bl 1 .m.R + B1-.L_.R_ + L-.R_.B1) / (Bl ) 2 

4 1 e 1 eo m el m o o 

30 - C 5 = (Bl 1 .m.L eo + L e1 .m.Bl o ) / (B1 Q ) 2 

C 6= ( L erV B1 o- B1 V L eo-V ' < B1 o> 2 

35 - C 7 88 ( L eT ra - Bl o " B1 V ra -V / (B1 o )2 

D 1 = -(2.B1 2 .B1 D + (Bl.,) 2 ) / (Bl 0 ) 2 
D 2 = (k 2 .R e Bl. + Bl 2 :k Q .R e + Bl, .k, .R_) / (Bl.) 2 



1' (Bl O )2 /{Bl c f 
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D 3 = < B1 2'V R m ~ B1 2' k o' L eo + 3 - L e2' k o' Bl o + 3 - k 2' L eo' B1 o + 



,2 



3.B1 2 . (Bl 0 ) + .L e1 .k o + 3 . kl .L el . B1 Q + B^ . L + 



S.tBl^^Bl^ / (Bl o ) 2 



10 



D 4 - (Bl 2 . m .R e + Bl 2 . Leo . Rrn + L e2 .R m . Bl o + Bl lLe1 R m ) / (B l o ) : 
D 5 = (Bl-j.m.L^ + L e2 .m.Bl o + B^ .L^ .m) / (Bl..) 2 



D 6 " (2 - L e2' R m- B1 o " ^VWV ' < B1 o> 2 
D ? = (2.L e2 .m.Bl o - 2.612^.^) / (Bl o ) 2 

15 If a signal E g equal to expj^.tj + exp [ p tl is applied to 

the input and the third order term is disregarded, then a response of 
the form 



2o "(t) = ^(P^.exp /_p r t] + q^.exp £p 2 .t^-K3 2 (p^ p^.^ 

£>1 + p 2>{! (25) 



is found, wherein 
25 VP1> - V(0< + ^p 1 + ^2+^3) 

is the transfer function of the loudspeaker from an input voltage 
to the excursion of the diaphragm and 

30 H l(Pl ) =P 1 2.q 1 (p L ) 

is the transfer function of the loudspeaker from the input voltage 
to the acceleration of the diaphragm. 



(26) 



35 



q 2 (p r p 2 ) =-<3 1 (p 1 +p 2 ).q^(P 1 ).q 1 (p 2 ). [ 2 ( c 1 .o<-k: 2 )+(c 1 . p + 

C 3 ) ( ?1 + P 2 ) + C r X + C 4 ) ( P1 + P 2 ) 2 + (C r f + C 5 ) ( Pl + p 2 )3 + 
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-P r P 2 [ 2 «V ^ + C 4 } " 2 °6 + (3(C r^ ^5) " C 7 } (P 1 + P 2j| 



(28) 



Fcxnnula (25) clearly shows the behaviour of the second order system. 
As a response to the input signal which is made up from tvro sinusoidal 

5 ccmpanents having frequencies p 1 and p 2 a signal is obtained made up 

from a sinusoidal component having the frequency p 1 , a similar component 
with frequency p 2 and a second order intermediation product having 
the frequency 1 + fi^. If = p 2 then it can be seen that the 
third term of fonrula (25) describes the second harmonic distortion. 

10 Generally, this term therefore describes the second order intermodu- 
lation distortion. The first tvo terms in fornula (25) describe the 
linear distortion. In response to two sinusoidal input signals 
having frequencies p^ and p 2 and amplitude 1 tv\0 sinusoidal output 
signals occur vtfiich have frequencies p^ and p 2f respectively, and 

15 amplitude q^Cp^) and q^ (p 2 ) , respectively. Generally, these 

-amplitudes will not be equal to each other. The response to an input 
signal having a flat frequency characteristic consequently results 
in an output signal having a non-flat frequency response characteristic, 
that is to say the loudspeaker introduces linear distortion. 

20 As the sound pressure level is proportional to the 

d 2 

acceleration (a = — ~~) and as H 2 (p 1f P 2 ) = H 2 (p 2 , p^) it follows 
that: dt 

25 H 2 (p r p 2 ) - ( Pl + p 2 ) 2 .q 2 ( Pl , p 2 ) / 2 (29) 

Applying formula (12) to (27) and (29) then results in 

KL 2 (p r p 2 ) = - f ( Pl + P 2 ) 2 .q 2 (p 1 , p 2 ) / 2j / £p 1 + P 2 ) 2 . 

q^+pj 

= q 1 (P-,) ^ (P 2 > [ 2 < C 1 0<+C 2 ) + (C 1 fi + C 3 ) (P 1 + P 2 } + 

+ (c^-k^) (p 1 + p 2 ) 2 + (c l( f 4C 5 ) ( ?1 + p 2 ) 3 + 
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-p.p 2 [2 (C, ,V 4C 4 ) -2C g + (3 (Cl J + C 5 ) - C ? ) ( Pl + p 2 )j| (30) 

Fig. 7 shows the network 43 1 , a transfer function KL 2 (p 1# p 2 ) 
in accordance with formula (30) being realized in the circuit branch 
47b. To that end this circuit branch ccnprises a first circuit 50 having 
a transfer function (p) at least approximately equal to the transfer 
function of the loudspeaker from the input voltage to the excursion 
of the diaphragm of the transducer, an output of which circuit is 
coupled to an input of a first squaring circuit 51 and also via a 
first differentiating network 52 to an input of a second squaring circuit 
53. The output of the second squaring circuit 53 is coupled on the one 
hand via a first anplif ier stage 54 and on the other hand via a second 
differentiating element 55 and a second amplifier stage 56 to respective 
first and second inputs of a signal combining unit 57. An output of 
the first squaring circuit 51 is coupled to a third input of the signal 
combining unit 57 via a third airplif ier stage 58 and is also coupled 
to the input of a third differentiating element 59 the output of which 
is coupled to a fourth input of the signal combining unit 57 via a 
fourth amplifier stage 60 and also coupled to an input of a fourth 
20 differentiating element 61. 

An output of the differentiating element 61 is coupled to 
a fifth input of the signal combining unit 57 via a fifth amplifier 
stage 62, and is also coupled to a sixth input of the signal combining 
unit 57 via a fifth differentiating element 63 and a sixth amplifier 
25 stage 64. The output of the signal combining unit 57 (being an 

adder) is coupled to an input of the signal combining unit (adder) 46. 

To realize the transfer function defined by formula (30) 
the gain factors V 1 to V 6 of the first to sixth airplif ier stages 54 , 
56, 58, 60, 62 and 64 must be chosen as follows: 

30 



15 



35 



v 1 


= - T2(C 1 if + c 4 ) 


-J 


V 2 


= -[3 (Cl y + c 5 ) • 




V 3 






V 4 


= C 1 P +C 3 




V 5 


= S + c 4 
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V 6 =C l£ 



+ c c 



10 



15 



The circuit shewn in Fig. 7 can optionally be extended to an inversion 
of any order, for example to realize-the network shown in Fig. 4c. Then 
the coiplexity of the relations ultimately obtained and hence also 
of the ultimate circuit increases. Alternatively, a circuit as shown 
in Fig. 7 can be realized which is suitable for suppressing second 
order distortion produced by an electrodynamic microphone. 

Figure 8 shows the network 43' of Fig. 5 for compensating 
for the non-linear distortion produced by a current controlled 
loudspeaker. As an additional dominant linearity there is added to 
the non-linearities mentioned in the foregoing and described with 
reference to the formulae (16) to (18) 

d. the reluctance force F r caused by the fact that the 
inductance of the voice-coil depends en its position. 
It holds that 



2 (u) 



du 



(31) 



20 The differential equation (22) which defines the mechanical behaviour 
of the loudspeaker for low frequencies now becomes: 



Bli - nu^y + R % + k.u + F 
at2 m at r 



(32) 



25 Herein use is made of formulae (19) and (23). 

The non-linear transfer function is obtained by substituting 



1 = e 



P-,t p~t 
+ e 



+ e 



p 3 t 



(33) 



30 in fornula (32) and by assuming 



35 



p-t pt t> t. 

u(t) = q 1 '(p 1 )e +q 1 »(p 2 )e2 +q 1 »(p 3 ) e ^ 



+ q 2 '(p r P 2 ) 



e ( Pl + p 3 )t <P 2 + P 3 )1: 

+ q 2 ' <p r p 3 ) +q 2 , (p 2 .p 3 ) e + 



(Pi + P 0 + Po)t 



(34) 



as a solution. 
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Fornulae (33) and (34) also include the third order term. These 
formulae describe the behaviour of a third order system. In response 
to an input signal assembled from three sinusoidal components having 
frequencies p 1 , p 2 and p 3 , a signal is produced which is assembled 
5 from sinusoidal components having the frequencies p 1 , p 2 and p 3 (these 
components again define the linear distortion) , sinusoidal components 
having the frequencies Pl + p 2 , ?1 + ?3 and p 2 + p 3 (these components 
define the second order distortion) and a plurality of components having 
ijrter alia the frequency p 1 + p 2 + p 3 (the component having this 
10 frequency defines the third order distortion) . 

For q 1 ' (p) , q 2 ' ( Pl , p 2 ) and q 3 « ( Pl , p 2 , p 3 ) : it is now found 



that: 



Bl 

q l' (P) ° _2 . R . , (35) 



15 p m + p m + k Q 



(p , p ) = q l' (P 1 ) 7 q 1 ,(P 2>] ^iV^V^ + L e2 

• 12 t 2 



and 

20 



(P! +P 2 ) 2 m+ ( P1 + p 2 ) R m + k o 



(36) 



q 3 



Bl A + 2Blyu - 2k n A - 2k-A. + 2Le-A_ 

'(P,, P 2 , P.) = 1 \ „ -Vo — — 2_5 (37) 

1 2 3 (P 1 + P 2 + P 3 )' m + ( Pl + p 2 + p 3 )R m + k o 

wherein the terms A 1 to A 5 can be derived as follows, using the 

quatities q., ' (p) and q 2 ' (P-, / P 2 ) / in the loudspeaker parameters: 
25 

A 1 " q 2* ( Pl ' P2> + V ( Pr P 3 > + V (p 2' P3 } 
A 2 = q 1 '(P 1 )q l '(p 2 ) + q 1 '(P 1 )q 1 '(P 3 ) + q, ' (P 2 )q., ' (P 3 ) 
A 3 =q 1 '(P 1 )q 2 '(P 2 , p 3 ) +q 1 , (p 2 ) q 2 '(P r P 3 ) + q 1 '(P 3 )q 2 '(P 1 , p 2 ) 

A 4 = V ( Pi } V (p 2 )q 1 '(p 3 ) 

As = q 1 ' ( Pl ) + qi ' (p 2 ) + q T • (p 3 ) (38) 



30 



35 



It should here be noted that the quantities q 1 ' (p) and 
q 2 '(P-l» P 2 ) defined by formulae (35) and (36) have dimensions which 
are different from those of the quantities q. ) (p) and q ? (p1 , p2) 



BNSOOCID: <EP 016S078A1 J_> 



15 



25 



30 



FHN 11.054 



26 w W.6SA78 



defined by formula (26) and (28), respectively. The dimension of q 1 f (P) 
is the "excursion" (of the voice coil) divided by "current" (through 

the voice coil) . 

The distortican-r educing nan-linear network 43 ■ of Fig. 8 

5 can now be derived as follows. Of course it holds again that k^ (p) = 1 . 
The linear distortion is not compensated for. The circuit branch 47a is 
consequently again a through-connection. From formula (12a) it 
follows, using the formulae (27) - H 1 (p) here has again the dimension 
of the "acceleration" (of the voice coil) divided by "current" - 

10 and (29) , that 

q ? ' (p 1 ' p 2 ) 

K L2 f «y p 2 > = qi - (p, + P 2 ) ' ^ utili2in ^ 



formulae (35) and (36) : 



K^'ttV P 2 > = "^[ Bl 1 [ q 1 ,(P 1 } + q 1 ,(P 2 } ] - 2k 1 q l ,( Pl )q 1 ,(P 2 )+L e] 



(39) 



The network 43' in Fig. 8 is based on k- (p) = 1 and on 
20 " ' 

formula (39) and comprises in the second branch 47b a first circuit 

67 having a transfer function which is at least approximately equal 

to the transfer function of the input current of the transducer to 

the excursion of the transducer diaphragm. The input of the circuit 

67 is coupled to an input of a first squaring circuit 68 and to a 

first input of a multiplier 69. The output of circuit 67 is coupled 

to a second input of multiplier 69 and to the input of a second and 

squaring circuit 70. The outputs of squaring circuits 68 and 70 of 

the moltiplier 69 are coupled via associated first, second and third 

ant)lifier stages 71, 72, 73 to respective first, second and third 

inputs of a signal ccntoining unit 74 . The gain factors V , V 2 and V 3 

of the arrplifier stages 71, 72 and 73 are defined by: 



v i =-2zr c 

35 v = 1 

V3 " Bl o 
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Figure 9 shows the network 43" of Figure 4b, with which the 
third order distortion conponent produced by a loudspeaker can be 
suppressed. To that end, a fornula must first be derived for K^' (p r p 2 ,p ) 
starting from the formulae (13b), (35), (36) and (37). ^ 1 2 J 

5 For the third order transfer function H 3 (p.., p , p ) it 

holds that 3 

H 3 (p r p 2 , p 3 ) =j(P 1 +P 2 +P 3 ig 3 , (P 1 , p 2 , p 3 ) (40) 

10 We now find that 

v q 3 ,(P 1' P 2' P 3> 

«L3'(PV P2>P3> « 

*L3 (p r p 2 , p 3 J =-^_^ liAi + 2B1 2 A 2 - 2k,A 3 - ek^ + (41) 

^ to ^ are defined in fornula (38) . 

Figure 9 describes the arrangement shown in Figure 4b, with 
the transfer function K L3 '(p r p 2 , p 3 ) , based on fornula (41). The 
terminal 44 is coupled to the inputs of the first circuits 67' and 
67", which are both identical to the circuit 67 of Figure 8, and a 
second circuit 75. This second circuit 75 provides the transfer 
function Kj^' ( Pl , p 2 ) , being that portion of Figure 8 that is 
framed-in by a broken line. The terminal 44 is further coupled to 
first inputs of the multipliers 76, 77 and 81. The circuit 75 is 
coupled to inputs of the nultipliers 77 and 78 via the circuit 67" . 
The circuit 67' is coupled to an input of the multipliers 76, 79 and 
80 and to an input of a squaring circuit 82. The output of squaring 
circuit 82 is coupled to an input of the multiplier 79. The output 
of the nultipliers 77 to 81 are coupled to inputs of a signal 
combining unit 88 via amplifier stages 83 to 87. The gain factors 
V 1 to v 5 of the amplifier stages 81 to 87 are defined by 
Bl 1 

Vl = " B1 0 

35 k 1 
V = — 

2 B1 o 



20 



25 



30 
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Va = B1 o 

V5 "" B1 o 

It will be obvious that simplifications in K L3 *(p 1 , p 2 , p 3 ) are 
possible. If the circuit 75 is structured in accordance with K^' (p.,, p 2 ) 
of Figure 8, then it will be obvious that circuit 67' can be emitted 
and that point 89 must then be coupled to the output of circuit 67 of 
Figure 8. When Figures 8 and 9 are combined to provide an arrangement 
as shown in Figure 4c then the circuits 67' and 75 of Figure 9 can 
both be omitted. Then the point 89 is coupled to the output of circuit 
15 67 of circuit branch 47b and the input of circuit 67" is coupled to 
the output of the signal combining unit' 74 of Figure 8. 

Figure 10 shows a construction of a non-linear network as 
shown in Figure 3c for reducing both linear and non-linear distortion 
produced by a loudspeaker which is driven by current. 

From the formulae (5), (27) and (35) it follows that * 



°L1 (P) T~ (42) 

PT31 0 

From the formulae (6) , (27) and (29) it follows that 
^,2 «V P 2> ~ ~ 



»,<p,> H i<p 2 'H,<p, * p 2 > ^v^Pi'V'p^vw 

Utilizing formal ae (35) and (36) this results in that 
*L2 CP,' P 2 > - - 2S1^ [«H ( Pl V 2 )2 [ + (43) 

] f _^i + Efl 1 

q 1 , (p 2 ) J (p,p 2 )^ (p^) q 1 , (p 1 )q 2 , Cp 2 )J 

Similarly, using formulae (7) , (27) , (29) and (35) to (37) it is 
found that: 

V <P V p 2 - p 3 » - - f Bl '* 1 + ' ' + ] 
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A 1 to A 5 are also here defined by fontula (38) . 

Figure 10 shows in the circuit branch 15a the transfer 
function G^'ft*,, p 2 ) which is defined by formula (42). The circuit 
branch 15b comprises the transfer function G^' (p p , which is 
constituted by an integrating element 90, whose output is coupled 
to an input of a first circuit 91 having a transfer function equal 
to l/q^P), where q 2 '(p) is again defined by formula (35), and is 
also coupled to an input of a first squaring circuit 95 and a first 
input of a multiplier 94. In addition, the output of circuit 91 is 
coupled to an input of a second squaring circuit 93 and to a second 
input of the multiplier 94. The outputs of the elements 93, 94 and 
95 are coupled via amplifier stages 96, 97 and 98 to respective 
inputs of a signal combining unit 99, an output of which is coupled 
to an input of the signal combining unit 16. The amplifier stages 
96, 97 and 98 have gain factors ^ , V 2 and V 3 which are defined by 
the following equations: 

Le 

v i =-sr 

2 Bl 

o 

k l 

V3 ~ S5 o~ 

25 The circuit branch 15c also comprises the elements 90 and 91 and 
in addition the circuit k^' (p,, p 2 , p 3 , , which circuit is shown 
in Figure 9. 

It should be noted that the invention is not limited to 
the embodiments described. The invention is equally suitable for use 
in arrangements of a type which differ from the embodiments show in 
respects which are irrelevant to the inventive idea as defined by 
the claims. Thus, arrangements are possible in which the transducer is 
of a type other than the electrodynamic type, so for example of the 
electrostatic type. 
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1. An arrangement for converting an electric signal into 
an acoustic signal or vice versa , caiprising an electroacoustic 
transducer and means for reducing distortion in the output signal 

of the arrangement, the distortion being caused by the electroacoustic 
5 or acoustoelectric conversion, respectively, performed by the 
transducer, characterized in that the means comprise a non-linear 
network coupled to the transducer, which network is arranged for 
reducing non-linear distortion by compensating for at least one 
second or higher-order distortion ccrrponent in the output signal 
10 of the arrangement. 

2. An arrangement as claimed in Claim 1, characterized in 
that the network is furthermore arranged for reducing linear 
distortion by compensating for first order distortion, that to that 
end the network conprises at least two circuit tranches in parallel, 
one circuit branch conpensating for the first order distortion and 
having a transfer function (p) at least approximately corresponding 
to the inverse of the linear transfer function H 1 (p) of the transducer 
nultiplied by a constant °< , or G 1 (p) =oc/H 1 (p) , the other circuit 
branch ccnpensating for the higher order distortion. 

3. An arrangement as claimed in Claim 2, characterized in 
that the higher order distortion is the second order distortion and 
that the transfer function G 2 (p 1 , p 2 ) of the other circuit branch 
is at least approximately defined by the equation: 



G 2 (p r p 2 ) = -£^H 2 ( Pl , p 2 ) /j^H l (p 1 + P 2 ).H 1 (p 1 ).H 1 (p 2 )J 



wherein H 1 (p 1 , p 2 ) is the Laplace transform of (t^ , t 2 ) , being the 
second order response of the transducer to an input signal applied 
to the transducer, which signal is made up from two pulses which are 
30 time-shif ted relative to each other. 

4. An arrangement as claimed in Claim 2, characterized in 

that the higher order distortion is the third order distortion and 
that the transfer function G 3 (p lf p 2 , p 3 ) of the other circuit 
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branch is defined at least approximately by the equation: 

G 3 (p 1' p 2' P 3 } SSmm ° <H 3 i ^ 9 p 2' p 3 } / f H l (P 1 } * H 1 (P 2 } - H l (p 3 } * 

5 H«| (P-, + P 2 + P 3 ) J r 

wherein H 3 (p,j, p 2 , p^) is the Laplace transform of h^(t^, t 2 , t 3 ) , 
being the third order response of the transducer to an input signal 
applied to the transducer, which signal is made up from three pulses 
10 which are time-shif ted relative to each other. 

5. An arrangement as claimed in Claim 3, for converting an 
electric signal into an acoustic signal, characterized in that the 
other circuit comprises an integrating element an output of which is 
coupled to an input of a first circuit having a transfer characteristic 

15 which is at least approximately equal to unity divided by the 
transfer function of the input current of the transducer to the 
excursion of the transducer diaphragm, and also coupled to an input 
of a first squaring circuit and to a first input of a multiplier, that 
the output of the first circuit is coupled to an input of a second 

20 squaring circuit and to a second input of the multiplier, and that 
the outputs of the first and second squaring circuits and of the 
nultiplier are coupled via associated first, second and third amplifier 
stages to respectieve first, second and third inputs of a signal 
combining unit. In this way the second order distortion component 

25 produced by a current-controlled loudspeaker can be compensated for. 

6. An arrangement as claimed in Claim 1, characterized in that 
the network is arranged far reducing only the non-linear distortion 

by compensating for at least second or higher order distortion produced 
by the transducer. 

30 7. An arrangement as claimed in Claim 6, characterized in that 

the network comprises at least two circuit tranches in parallel, cne 
circuit branch having a transfer function (p) which is equal to 
a constant 0<, the second circuit branch compensating for the second 
or higher order distortion. 

35 8. An arrangement as claimed in Claim 7 for converting an 

electric signal into an acoustic signal, characterized in that the 
second circuit branch compensates for the second order distortion 
and that the transfer function KL 2 (p 1 , p 2 ) of the second circuit branch 
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is defined at least approximately by the equation: 

kl 2 (p v P 2 ) - -CSCH 2 ( Pl/ p 2 ) / H 1 (p l +p 2 ), 

5 wherein H 1 (p) is the linear transfer function of the transducer and 
H 2 (P T P 2> is ^ La P lace transform of h 2 (t r , being the second 
order response of the transducer to an input signal applied to the 
transducer, which signal is made up from two pulses which are tirre- 
shifted relative to each other. 

10 9 • A" 1 arrangement as claimed in Claim 7 for converting an 

electric signal into an acoustic signal, characterized in that the 
second circuit branch compensates for the third order distortion and 
that the transfer function KL 3 (p r ?2 , p 3 ) of the second circuit 
branch is defined at least approximately by the equation: 



KL 3 (P r p 2 , p 3 ) =-<XH 3 (p r p 2 , p 3 ) / Hl ( Pl + p 2 + p 3 ), 

wherein H 3 (p v p 2 , p 3 ) ± s the Laplace transform of h 3 (t r t 2 , t^) , 
being the third order response of the transducer to an input signal 
applied to the transducer, which signal is made up from three pulses 
which are time-shifted relative to each other. 

10. An arrangement as claimed in Claim 8, characterized in 

that the second circuit branch comprises a first circuit having a 
transfer function at least approximately equal to the transfer function 
of the transducer from an input voltage to the excursion of the 
diaphragm of the transducer, an output of which circuit is coupled to 
an input of a first squaring circuit and also coupled via a 
first differentiating network to an input of a second squaring 
circuit, that an output of the second squaring circuit is coupled 
on the one hand via a first amplifier stage and on the other hand 
via a second differentiating network arid a second amplifier stage 
to respective first and second inputs of a signal combining unit, 
that an output of the first squaring circuit is coupled on the one 
hand via a third amplifier stage to a third input of the signal 
combining unit and on the other hand to an input of a third differentia- 
ting network the output of which is coupled via a fourth amplifier 
stage to a fourth input of the signal combining unit and also coupled 
to an input of a fourth differentiating network, that an output of 
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the fourth differentiating network is coupled on the one hand via a 
first anplifier stage to a fifth input of the signal combining unit 
and on the other hand via a fifth differentiating element and a sixth 
anplifier stage to a sixth input of the signal combining unit. 

5 11. An arrangement as claimed in Claim 8, characterized in that 

the second circuit branch conprises a first circuit having a transfer 
function which is at least approximately equal to the transfer function 
of the transducer input current to the excursion of the transducer 
diaphragm , an input of which circuit is coupled to an input of a first 

10 squaring circuit and to a first input of a multiplier and an output of 
which circuit is coupled to an input of a second squaring circuit and 
to a second input of the multiplier, that the outputs of the first 
and second squaring circuits and of the mulipier are coupled via 
associated fixst, second and third anplifier stages to respective 

15 first, second and third inputs of a signal combining unit. Such an 
arrangement is much easier to irrplesnent, inter alia because of the 
fact that the arrangement does not comprise differentiating networks. 
12. An arrangment as claimed in Claim 7 for converting an 

acoustic signal into an electric signal, characterized in that the 

20 second circuit: branch compensates for the second order distortion 
and that the transfer function Kn^ (p^ , p 2 ) of the second circuit 
branch is defined at least approximately by the equation: 



Kn^CP-jf P 2 > =-^H 2 (p r p 2 ) / H 1 <p 2 ) .H 1 (p 2 ) , 

25 

wherein (p) is the linear transfer function of the transducer and 
H 2 (P<j ' P2> 155 the kapJ-ace transform of h 2 (t 1 , t 2 ) , being the 
second order response of the transducer to an input signal applied 
to the transducer, which signal is made up from tvvo pulses which are 

30 time-shifted relative to each other. 

13. An arrangement as claimed in Claim 7 for converting 

an acoustic signal into an electric signal, characterized in that 
the second circuit branch compensates for the third order distortion 
and that the transfer function Km^ (p-j , p 2 , p^) of the second circuit 

35 branch is defined at least approximately by the equation: 

Kn^Cp^ P 2 ' P 3 ) = -0(H 3 (p r p 2 , p 3 ) / H l (p 1 ).H 1 (p 2 ).H 1 (p 3 ) f 
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wherein h 1 (p) is the linear transfer function of the transducer and 
H 3 (p r p 2 , p 3 ) is the Laplace transform of h 3 (t 1# t 2 , t 3 ) , being the 
third order response of the transducer to an input signal which is 
made up from three pulses which are time-shifted relative to each 
other. 

14. An arrangement as claimed in any one of the Claims 6 to 13, 
characterized in that arranged in cascade with the transducer there 
is an additional network having a transfer function T(p) at least 
approximately equal to the inverse of the linear transfer function 

H 1 (p) of the transducer, or T(p) = j£/H^ (p) , /3 being a constant 
which is preferably equal to unity. 

15. An arrangement as claimed in any of the Claims 2 to 
14, characterized in that the outputs of the circuit branches are 
coupled to an output of the network via an additional signal combining 
unit. 

16. An arrangement as claimed in any of the Claims 2 to 15 
inclusive, characterized in that 0< is equal to unity. 

17. A non-linear netvrark for use in an arrangement as clairred 
in any of the preceding Claims, characterized in that the network is 
arranged for reducing non-linear distortion by corrpensating for at 
least a second or higher order distortion in the output signal of 
the arrangement as caused by the electroacoustic or acoustoelectric 
conversion, respectively uof the transducer. 
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